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Abstract of JP 8263096 (A) 

PURPOSE: To encode a sound at a high 
compression rate and to encode a musical tone with 
high quality by using a CELP system and a 
conversion coding system. CONSTITUTION: An 
input signal 1 1 of a sampling frequency fS-24kHz is 
made a fow band signal of fS=16kHz by a converter 
221 , and it is encoded by a CELP coder 241 , and a 
resultant code C1 is outputted, and the code C1 is 
decoded by a decoder 251 , and the decoded signal 
is made the signal of fS=24kHz by a converter 26 T 
and it is subtracted from the input signal 1 1 , and a 
high band signal and a quantization error signal are 
coded by a conversion coding coder 242 , and the 
code C2 is outputted; Only the code C1 f or both of 
C1 and C2 are decoded to be used. 
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mxtim^m^m.f i , f 2 . f n -i (fi < 

f 2 <• , <f„- 5 <f„ ) tfDnfflcOK* ( n(±2 

±Mm i wm%z% i fff L-cm i » 

mi-i JTRO#*Hf- { i = 2 , 3 , , n ) 

mmtt f i-i OT«ts i - 1 mmmtn&ig i - i 
jjEA^«#*»i»aaaR f i &T<m i 

JJE» i #WflW-frS»_hKflS i - l*9«fcS&Lg|H 

±e* i i tt^itumx^-itLxm i 

[ m&b 2 3 _hiem i - 1 fi^kiSi^±iem i - i 

Wm®.M&2 f i oflrafcSHftLTiEJIS i - 1 «§■ 

[ m$m 3 ] ssw, t'<vwmmmk& t ■ 

W;Uj«*fc. JHiftftfi , f, -. f n -i (f, <f 
, <. -<f n -i <f n ) (n = 2JSLh<J9Wt> 

±f 5A*fi^ ± 0 ittflffliOfcP 2 f , coffi 1 
£»£SSl«**BSSBfi?lli:, 

jjb» 1 fiif^s 1 ft^itmizx K) vtmt lx m 1 

±JE i " l.flP^ftiig ( i - 2 , 3, - , n) CttfiHf « 

g£ lth i - 1 wmm^zft&m 1 - 1 aysaxaj 

±je* i - 1 Bt^-^sfltwtffliw* 1 2 f i comi- 
1 £ftBiif3#c£ifc*-&# i - 1 msmmt , 

_hiEA:&«*I-§-«fc 9JS»SWf i-i -fi . at* 

2 f i i s ss i ^mmt&& 

mt, 

±%ffi i - 1 £gtift£fi?2: JJEflS i WW«f-fc iim 

txm i 3mjicm#*f#s35 1 mmsmt , 

±iafi? i -hmm^zm 1 ^^^i o^^tris i 

W-^-Sr tfJJr*-* IS i 8r9fl3i8fc » 

[ m&h 4 3 ±iam 1 *wt83aaw«BM»»TOWF 



ail&McDf&ft?)*.'*.-? bfl4BXk&M*0>3B*t LX, 

jjass i w^L^^^^T^amms^tt*?^^ 

_bo»io fciMtr s yeasts 

##s-*ss 1 mmtfcjj t vx&ji-t&w* 1 m^as 

±IBm I - 1 flHHfcffi* ( i = 2 , 3 , -, n ) 
ft«ja9to6 I 2 f i iom i - 1 SMMt^flaH^JfcSBBW-* 

±k«s i fs^ft ^ > ±iam i - 1 ^mmik&i) t an 

[00 0 1 3 
[00023 

iwkmmi mzm^ z mw&mmx^m^m txn 

7'A> H^#-ftlS"ffi(iQM F (Quadrat u r e 
Mirror Fi 1 te r) iffl^TASfittWt 

mx ^v^^mmm<L^^\\^th . 
[00033 3®Ss ^s.tfw^^ E^mmm^cr)^ 

n>m%m%-%m*%h tK i lt^: 

tf^Hfc2ra:Sr#& £ fc Sr < 1 ^(OW%tt>1i&X'<nfr-ft 
£ . L^U Mi. if H 1 A t^rT 
i 5 t^Sftt 1 1 fcfltaWlthTfiWIi**^ 3oOHf 
yV^FSBj , SB £ , SB 3 C4HWUTW«fl:L. 

ni2t^-rj:3^-e<?>Tffis (Mi ) m&-9-7vs> 
&Tffiffiw*Ti^^ts 4>®m (mm 2) Th&y-r 

rsy FSB, (c*t LTtiTfiWOW^C&ffii: - ±tuS 



(3) 



WHFF8-2 6 3096 



2%mmmmL. xi±^x<mw*n^m\&tht 

cooo4] fo&wm^xoitzs^^mor?^ 

xmt. mmm^nz^-f^-xZT?^ u 

x, mm i ^m^^m Lxtmm^a.^mm 
&±i& ^mshm^m^zn, h&wms 1 &y'2« 

xm^m^m^mm^^mm.t£m^M^mh 

[0005] xsi. mm, ^pjfimmt£mmmcr>^ 
wmmt2mmizmfx%rmkL, zayrwvmnx- 

mz, ^tWiftHtitiffiitt^tgfw 
£ t fc =fc o msMcom^m^nh z 1 1 ? 

[0 0 0 6] 3fL^O**^fc^T, 

jz&Mco^xion-^-i—mwmi^m, T®M$ft0>& 

[0007] «r»0> i ') tCfS^ n a a«^^tJ±»KS 

msawwsiflr^flit. ^atfci/tuwisB, , sb 3 

UfcWMK5r8f 2 , 3 (c J: 0 ^-ftSrHtrT 

em^<n?t?kW5W&, 1 tfXW*fc i 0«-«HfcL T , 
if ^ n* y h s b , <9W*0>*o*«>aw** 1 2 i £ 
#, t fzimmm^'im b^w^t^-n <> \? s 

B, , SB 2 , SB 3 ^#^Sr^L^^jt^S 

i,2, 3 tttfCL tzm^mz x<om^ Lxm-mm i 

2i , 12s , 12 8 fc#T£ftfc«9£j£flHH 2tffl 
[00 08] 



Z0*m*&vx i t i: cotmtm i c tas 
tiatiHWSB! , sb 2 , sb 3 fc-eixms^ 

fl3mi3i , 13, , 13, fcLT«#3*U J^T 
^3S38Pfff«cOffi#fi-f - 1 2 Ui##**»£Sl±fc£* 

*&3*HHJt3l':L3i %>, **>**«4r*-4:fc*>. ■& 
ShWco «o»±» fed* v >. flattfttWfire* fc,ft*fc» 
4^(4#^^n>KSB, , SB 2 , SB 3 TOfrflPf- 

[0009] m.m^'/^yvw^niimzxixir- 

7 y^mmmxt^j:^ Z b Sr m 3 fr#5R tTJEteR 

*wt=«*'t4. w^»«««s#i i'<^)W«t2»« 

U » 1 PtS ( ffiiifl^ ) £■ C E L P ^T'w-f-ft L . 
T v ^ . S5 1 MTU , W^ffilWMscoW ELP 

flriwb&^fT sttx ^ s fc a . * £)©a$ffl#m^ 1 2 . 

( 03 B ) co*JHtaSllfB-§- 1 3 i «H3 C dZTjk-tX o 
izimm± * V \ 2 KJBT{i«« t T 

sum-^fi ^ i2 2 «i3B te*^- «t 0 tc^ft^- 1 1 iz 

jfi < , JHHHMHi-f - 1 3 2 ttH 3 C 1 o (c/JnS 
V \ 1 BJlO«^atXaS 2 RMexfirf* ^tl^ 

^mimcoMT-im^mm^ 1 4 , i±m 1 its 

0*-?^Hl 3j kSfcbi5,*V^ -«r*>fe. m2Pt« 
*TW«^iliKI4««»3R<0««fc*sv^ CELP»f 
fldrJfcWBHWfcfflffifcflEff LT Li3. i->T, 

[0010] ico«W«oBW»i, Tft/f T^w-^bS-iS 

[00 11] 

tffl»»fi . fi f„.j (f) <f 2 <. •■• 

-, <f n _i <f„ ) c^njiOK* (n«2^±«S 

m ^mLx^it-th^^-nmzioux, xim 

» l^isfifi^Srm 1 ^-^ft^riETW^LTSS l 
Bt}»L»»i-lJ3lT<0«^(i=2. 3, , 
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n ) frt>mm& s f i- 1 \sr<om i - 1 m-mm*^. 

1 , *<>m i mmmm^±mm i - 1 h-w^ml 
3\^xm i uhb#*», f«s i sre-^srss i ^-fts- 

ItSfll: LTIS i *f^£ Jfc»Tt ft . 
[ 0 0 I 2 ] m i - 1 fitWWiWitf * m i - 1 w^- 

f 2 f n _! ( f, <f 2 <, <f n ) 

( n = 2 JSLhOfijR ) m# LT ^^ix^rtikir £ «F 

in 2 f ! <*>j& i ir«Hif*w§r#, ^on i ##m#£ 

SSlflF^M^'ftayeSrSfSi - 1 i*Sfi#£# ( i «= 

2, 3, -, n) , *0>#I -liM#fc*tttfcH* 

«a& t 2f i ^i-i36*Hifc»*fc3£iilU Jja^w 

if 2 f d Wffi i #ttfS^-£*#. ±E« i - 1 £MIUtfl 

^k±iEm i Awns-** txm i Wff^l, 

[0013] lt*JM40%aHO < J;na\ fftjtg 1 M3 
^M*l3&*0f8fflt&V vc J3BSS 1 19P^ft®419r^ffi«fi» 

ScT£ ft . m$£ 5 O^rttfWtxi 1 JS4 «M *i=&» 
[0014] ii^xie^Hjo^^at iixif , a 

U ±B*18P*£«*LT, fl«f&*2f 1 ^ 

1 a-wism* L . JJE» i - 1 WOT* ( i = 2 , 

3 , ■■• , n ) £«#flJ8j£go&* 2 f i CO* i - 1 gfltflt 

2 f i ?)jiFi i a-f-fi^-^f#. ^coffi i m-wm^b ±mm 
i - 1 mmmm^t ztmtxm i iajni#*ffl:*rt- 

[0015] 

[H86M1 H4 AK«CTI 1 soU^^^fc^OllSfi 

ik?&Wr£X'fo ft . A*«^ 2 1 3b>^.<oat#A^J«# i 
1 i^S*ftMfelC* s 24kHz,o*i) JJiSJSJiftR f 2 
//12kHz Ox^'? JH»T* 0 v £ «0A2JfiPHi» 
1 flWHR^fti: LTWr V771--W h 2 2 x T 

*MtfKHfc& 1 i6kH Z coffl^tsaisrtxa i mm 
im2 3imm^ti&. ^^■yT/iu-h^mi^^ 



«ph >-*r>r o >?xfo o . mnmmm^iim^ 
StttfcjE t £ WHTC* y TVi^'Ufc *S , t ^* 

2 2i «£ D «Jl^ifc^' f i = 8 IcH zJilT 

(r>m i 2 3 amm mtm^ 2 3 

(*» l ftMSSteJ; ftB 1 whs 2 4 , -eWH^ft 

ft. itfOfiajTliSB l«MMI2 4i tUCELP (flr* 

[0016] zcr>mMmTimmm*m2 5 1 xwz 
ti. fmmtfifi MTcomi'm-m^i 2 X 

WI-^-fi-f-12, tt*l-9-^^-hSaft»2 6 1 

mtftgijsaw 2 4kHz cnmmmim 2 7 

£^yr;n^-h^fl2 61 j±v^*>»?>4t 

itit iS t n US t -fe' o -9- y T/t- * Sn i it ft f ^ ^ /M2S 
MSiy ^(c3N:*f A t>. SiaK 2 8?A*«-f - 1 
1 £ oS«fX^I^ 2 7 3&«9IjWl. * <^£S^- 2 
9 *«»5 2 «F^ftEfirifefc ± h m 2 If 2 4 2 Tl?-f-fb$ 
i<0«SWrrtt*2l9H5«2 42 T«it»3-9- 
-f y^JS^ if CO^SfiF-^-ft (Transform co 
d i n g ) tcj; "58r*ft:5*l.*. i«RHHHIS!RO»2 

&Wm%k3 IT, Mi.{fH4 b ic^-ti 5 iz%&fcy 

[0017] w4^mfdBt 24kHz cvmm xtim^ 1 

fll4>«8kHz UTOS-fii^lWsftffliadR l 6 k H 
z^fl^-2 3 (H5B) b LXT&mwM 1 2 4 
i KAASi-U W^iE«BM6TflP^fbS*L4 . *^)flrf- 
Wf-Cj OMSI5fS-¥-S2 5 1 tJt0fl»5*lfc«-9fil 
^ 1 2 ! (id 5 B tC^-T i 3 tc . TtitMTdJiS* 2 3\,Z 

ttLxii'jrftfrtoi-'&^imMi 3i imsc&xt* 

»H»2 8*»^i<0|Ra6m-tl 3i k, M 
^ATJif^- 1 1 OS k H ziaLhOiS^fi-^3 3ki; ^Zc 

9 tf±.®m<r>m 2 2 4 2 ^a^j h 

[0018] £CDJ;3 tCOHJfeMT-iiTS^^^t 

[0019] mztmmmmx*i±T®M<7)$f^tizc e 
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wants i m-c j vx ummmttfon 

6. *I. »2^C, , C 2 LT, ^f^fbfftR 

[0020] aHHkfcff aJi-^t, Aia^t«st, m 

"TS^i: PR«W§§2 4 1 «CELPtt 

■«WBS16tctiVvci±B 6 5 fc, fH«KK3 5 fcJ: 

titzm. ■£f£L$tixmBfm&f&y * 3 swws^ 

g»lg 2 2 , i 0 <DA2J«-*l±aP^ft:7 ^-AjUajT« 

3 9tni3EH i «*»siT., tomjefmsk 
mm^Hmi ix'm?{tzti, ^^m^mw^mu 
mizm tx-sm? ^w3 8«7-f lu^immzMzti 

& . £ ^«3W»ftl-MHRatJ«IS4 3T«^I«J; 
ft-*?-* 1 -y /i^ 3 8 X »)0>#Jft{i*WilL3l*» 

[0021] %m$t^2 4 2 cmim^kxmitza^ 

gg4 srMxisx^ wi*HfcS*i*. imta*f*«-ffi 
4fc*>, i commmiz^ ^A^sf 2 1 »> &jk 

#A#fl»l I»t4y«i4 9-CT££=JlM 

b^umztt^xm-mm^wmmmmmx 

&5 5 1 'CS[JtSixTHEKS^#ttSI54 7 fcfu IE 

[0 0 2 2] oi^ ±<M<ZJ»2*>flr§*2 4i "CI4 
H 5 C £>Tcf -X^? h!VC0it^2 9 %&%ik-t&ii s . Z\ 
a>W%2.9<r)7^9 b^mziit^XMMM^Hii 

(05 D) ^ilt^'^TeSfi^ff^-if-ft; 



JHUTStlH-*. £*>£IWKiBl4 fcjSbfc«F9fi26fc 

: F 5 5 J; 0 A^3 §ixfc Afl^KiHtErafr 5 6 X'W> 1 w 
#C t fc$2fi^C 2 fcfcl^ittSfU Sm-tCi 5±IB 

1 fflM 5 7 1 t^J; 0 CI <7>PJ-CJi C E L P 

«t o mmmmmx t , ( fi^hjusa 1 6 k h z > ^ 

[0023] ciio^ i \W%\\j&h 5 8 j (±-f 

^2 4kHz) co^mmmme i , tsBmsni . - 
mm f 2 ( SA-fLjsi^^' 24kHz)©i2 a#fi-t 

5 8 2 i«m2ffi-^«-^5 8 2 

[0024]'3^)Tti«fW]63 1 tLTti^ 
»^«-&(4ll5B4>OtS^fl^-l 2i ^WA-riS. - 
2 fl-f-ts 5 7 2 tOfX^fl^ 5 8 , }±a«WW4H 5 
2Et^J;dic, TfM (ffitt) ^fHKIMHl^l 
3 j (nmmm 60! t, ^ 3 3 WfJI-Wf 6 4 

2 tT"&l>,.J:^Tjn»:S6 2 2 «t"5^a^fbEb*6 3 

3j fc^jjE-rs^fi^-6 0, *q«flQS*L. iHis 
* J #b<nMs^. ^r«tejjfWi^-6 4 2 tmvveii 

mcni><7)X'fohfrh, AUHI6 236»6»4>*t&±tM± 
WS-^-fttBA! 6 3 2 lill^ATHI^ HtfKifi 

[00 2 5 ] JAfc-lO^O^C^ffi* nPf^ ( 
i« ) yfWm^Uzmm LfcHtUn = 4 £7>%^^OVi 
TH 9 &«ES LT«W* . i9ti3Utl4 A t WJC 

jMiPv^S) 2 2 x r^*-fUf?^^2f i (fitfj < 

f, <f a <f t ) «AA)fI^2 3 1 lc3EJ»$fL s 
OUS^mf! mT^lWf^-2 3 ; »*§m$;fx. * 

<DW,immim2 3 l <i«i^H2 4 i x^m^ 

*U S5 1 «r*d U-Cffl* SfLS i: Mz%cr>m \ 

c x (■4mis^#i2 5 1 tii*^jn«m2 f ! ^fi-f-t 

tm 2 6 j -cis*€jsms/j : 2 f 2 co^ i mmmim 
izmk^tih. --jjxiumi i jwai2««aBR¥Rk 

tTtfO+A^T/Hx- h 3£Mff 2 2 £ T8t2Wt^*jBb&* 2 
^2 3 2 ^ixmstis. ;o®2^«fI^-2 3 2 

i tvryU'- h Kiui 2&! =t "3 to» i mrnm^m^- 
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$ft&. 

[oo26] armm^mm^io^, ss3*h§-c 3 & 

i=3 (i=2, 3, , ru ZtoWC 

144 fc«fc (=f2) ft 

^Ci.j (=C 2 (=M2)WH/i25 i 
T«#S*tT«*fl«i!«2 f i-i ( = 2 f 2 ) <7)fS i 

- 1 ( -»2 ) swi-srfs. z&m i - 1 (=112 ) 

l»«k»i-2 (=»1 ) ■9-V7'A'^-hSe»»2 
6i_ 2 ( = 2 6! ) J:0cO^i -2 (=*1 ) SStfS^ 

ft-^fcfj^jn^seOi-i ( = 6 0 2 )-ckfe*is * 
cofflfl^iiJff i - 1 ( =SI2 ) •^yr;nx-b^jft^2 

6i-i ( = 2 6 2 ) 1«WtHftHft2f i ( = 2 

f 3 ) . «*fflb6«fi.i ( = f, )&T«Wi-l ( = 

as 2) ^s-wfic^j^fts. Hi (=«t 

3 ) flf«aSfi?#at LTWi^W- H£8S»2 2i 
( = 2 2 3 ) fci UMfl ia»£>. HWRtff 

i ( = f s ) , «*fljsiaft**2 f i (=2f, > was 

1 ( =fi&3 ) #^ff-t2 3i ( = 2 3 3 ) jWRHJSft, 
-f^aSi (=3ft3> #Mff^-2 3i ( = 23 3 )tiffi 
- 1 (=S2 ) ^rVTlVh— \-"$cM&2 6i-! ( = 26 

2 ) ±0 commmmtfm i ( «* 3 ) mm®, 2 Si 
(2 8 3 ) ximzti. ^si (=»3) MJtft^-2 

9 3 &mi (=*3 ) W#fi24i ( = 24 3 )ttf 
ftSft, 3Si (=*3> <=C 8 } ^ttJ^-T 

S. =5ri3, mi -1 (=B2) flt<H&2 5 H ( = 25 
2 ) fc, ?JflSH6 0i-i ( = 6 0* ) fciSi-l <=» 
2) •^yr;H'-hSmg§2 6 j .- 1 < = 26 2 )H£GEi 

-1 (=i2)t^t#S4o i . 1 (=4o 2 > znm 

-«i:2§6O 0 i4*B&£ftft. *fc*Jb{W, r«Wt 

Jim <=*4 ) wot? 2 3 4 ammmfi arcom 

3&SI2 24 fc33fi&$ft&. 

[0 0 27] £OJ: 3 izLX Z<^tmt^J}1B^mtti 
n KHfciMW Ltfirfftt ft *£fcSJBT* ft . S& 1 ~ 
Hn (=**4)«^C, -C n ( = C t ) t±£»fc0ft 

3 1 T7 u-Ar t fc^ateSfcxawflsiwc t lt 
ta* $ ft ft . <i o*&£«ti&iB 3 1 i±ki i xiim i - 
9$ i flr ^emti-c hmrnvx with z t zx? 

£3*1*. gi-In (=ftS4) ftf^24, ~24„ 
( = 24 4 ) (4flr^«24 1 <^>i*«^:t*«effilWW 

&X*m&rm\LbLXi>l^„ 
[0 0 28] fltl— Mf4flr9»2 4i — 2 4 4 ttJt^t 

2 2i , 2 2 2 , 2 2 3 iO^JatHft^fi . f 2 . 

f 3 iaT^#5Wisjiffi^wt«»i«»:a57 2 1 , 72 



2 , 7 2 3 ^m-eftm^sft, -eftwe^^? h 
< Aft ttflafowaas ft. . ± £ a* 

fI^^W*Aft(t#^S*S7 2 4 ^ASSftTlSHi 
fcMMKaAftttflSlfc^aWt & ft> - ft <^ RHMAtfWfli 

^?iag|57 2 1 -7 2 4 x-%K^tim%^ixtzmm& 

ftttflatoVasi— *4*HH»2 4 l ~2 4 4 MS»3 
ft, 1t& Lfc J: 3 t«||t»*# W^b&*?f*>ftft . 

[0029] cKowB^jfwaris* n mmwrnrnw. 
^<r>mmm t lx n = a <w&& & m 1 0 . >r <r>m 
h mMxti m^- 1 1 <?)mMmwm.tf f „ = f 4 T-e«os 

« (ft i ) 2 2j rw*ft«iaR*«2 f ! 

(fflLfi <f, <f a <f 4 >tf>A3J«#2 3, fcSE 

msft . o^a^ f i kto* i » 2 3 j 3&* 
sai^ft.. ^mmm\m2 3 l (^iw^2 4, 

TW-ft$ft. *l«r*C, fcLTffl^^ftfttftt^ 
-9-2 3 J h<7)H*iftl^m^6 5, Tt^ft. ^coUft 

^■(mim^fi-^) i3i (SfflEiiryr/n^-bSSfts 
2 6! ra»Ht««aR* t 2f l romsBBBfts&flwtsc 
m§ft^» 

[0030] 1 1 *»i»iE2flWaH{#a6 

6 2 ^«tHR?wi***f, -f, . mMmmw2f 1 
i m-y-rfrv- hm.wm2 2 2 Tit*fljiBaR2 f 2 

8I»2 6i J: O^Jft 1 SSm^S^fcS^Mite 8 2 

-r-sp»:$ ft . ^com 2 nmm 2 9 1 t>m 2 ff-^n 2 4 
[0031] vrFmrn^mzn ot^.ms^c^ z 

m&mmi:. i = 3 (i = 2, 3, -. ru ZOMX'lt 
4tX) *Mt LXmW-tZx W.i -I { =«2 ) flpf- 
Cm ( = C 2 ) i - 1 ( =SS2 ) «-*»2 5 2 T' 

m^tixMutmm.m.2 ( =2 f , ) com 1 - 
1 (=ss2 > ceo* i - 1 ( =ffi2 ) a 

#S#fc»i-l <=*2) mjt»6 8i-i ( = 6 
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[0002] 

[Description of the Related Art] 

A subband coding method is available as a method of 
coding an acoustic signal by dividing its band in a frequency 
5 domain. The subband coding method divides an input signal into 
a plurality of frequency bands using QMF (Quadrature Mirror 
Filter) and codes the bands independently of each other while 
assigning appropriate bits to the respective bands. 

[0003] A variety of methods for coding acoustic signals such as 

10 musical sound and speech are currently available depending on the 
purpose of use, decoding quality, coding speed or the like, but it is 
common practice that one acoustic signal is coded not using a 
plurality of coding methods but using only one coding method. 
However, for example, as shown in FIG, 1 A, acoustic signal 11 is 

15 divided. into three subbands SBi, SB2 and SB3 from the 
low-frequency side on the frequency axis, thereby stratified, and 
as shown in FIG. 2, subband S B 1 which is a lower layer (layer 1) is 
coded using a coding method of low coding quality, that is, having 
a narrow frequency band of decoded and reproduced sound and 

20 having large quantization errors, for example, code excited linear 
predictive coding method: CELP at a high compression rate, and by 
contrast, subband SB3 which is a higher layer (layer 3) is coded 
using a coding method of high coding quality, that is, having a 
wide frequency band of decoded and reproduced sound and having 

25 small quantization errors (e.g., transform coding method, such as 
discrete cosine transform coding method) at a low compression 
rate and subband SB 2 which is an intermediate layer (layer 2) is 
coded using a coding method intermediated between the lower 
layer coding method and the higher layer coding method, and 

30 different coding methods may also be adopted at the request of a 
user such as coding and transmitting only layer 1 or coding and 
transmitting layers 1 and 2 or coding and transmitting all layers. 
[0004] Alternatively, as described above, various musical sound 
or speech signals coded in three layers may be provided, for 

35 example, as a database and the user may access the database, 
receive desired musical sound signals, decode only the code of 
layer 1 according to the user's decoder, obtain reproduced sound 
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of low quality in a narrow band with large quantization errors or 
decode codes of layers 1 and 2 or decode all codes of layers 1 s 2 
and 3 to obtain reproduced sound of high quality in a wideband and 
with small quantization errors. 
5 [0005] Alternatively, for example, if an acoustic signal in a 
wideband where speech is predominant is divided into two layers 
and coded and only the lower layer code is decoded, the acoustic 
signal having speech-like nature may be decoded clearly or if the 
codes of both the lower layer and the higher layer are decoded, 

10 signals including the acoustic signal having non-speech-like 
nature may be decoded. Furthermore, in these cases, a decoded 
signal of high quality can also be obtained by receiving only the 
lower layer code, shortening the time using a transmission path or 
using a transmission path of small transmission capacity, and 

15 decoding the code in real time or receiving also the higher layer 
code for a long time, storing the code once and then reproducing 
and decoding the code. 

[0006] Alternatively, in these cases, it is possible to store all the 
codes of the lower and higher layers once, then decode only the 

20 lower layer code using a small, economic decoder with a small 
delay time in real time or when. high quality sound is required to be 
reproduced, it is possible to decode the sound including the higher 
layer code using a large decoder with a large delay time by taking 
a longer time and then reproduce the sound at one time later. 

25 [0007] As described above, the coding method that provides 
selectivity for decoding quality or a coding compression rate is 
called a "scalable layered coding method/' As such a scalable 
layered coding method, the subband coding method shown in 
FIG.1A may be used. That is, the frequency band of subband SB] 

30 is coded using coding method 1 and bands SB 2 and SB 3 are likewise 
coded using coding methods 2 and 3 which are independent of each 
other. As shown in FIG, IB, at the time of decoding, when, for 
example, wideband decoded sound is not necessary, only the code 
of subband SB] is decoded using a decoder of coding method 1 , 

35 decoded signal 12\ of the sound of only the band of subband SBi is 
obtained, and on the other hand when wideband decoded sound is 
necessary, the codes of subbands SB] , SB 2 and SB 3 are decoded 
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using a decoder corresponding to coding methods 1, 2 and 3, 
decoded signals 1 2 1 , 122 and 1 2 3 are thereby obtained and signal 12 
synthesizing these signals is outputted. 
[0008] 

5 [Problems to be Solved by the Invention] 

However, in layered coding using such a subband coding 
method, a quantization error produced in each band (that is, each 
layer), that is, an error between an input signal of a coder and an 
output signal of a local decoder thereof, that is, a decoded signal 

10 unaffected by transmission paths or the like may be stored in each 
band SB], SB2 or S B 3 , as quantization error 13], 1 3 2 or 133 
respectively as shown in FIG,1C and distortion or noise may be 
generated in decoded signal 12 of the entire frequency band 
independently of each other in each band. Therefore, even when 

15 the entire band is decoded (that is, up to the higher layer is 
decoded), large quantization error 1 3 1 of the lower layer is also 
generated as is, and therefore high quality signals cannot be 
obtained. It is not possible to reduce quantization noise in order 
to obtain a wideband decoded signal of high quality unless each 

20 coding compression rate of subband SB] ? SB2 or SB 3 is reduced. 
Therefore, such a layered coding method cannot realize scalable 
coding, 

[0009] The reason that scalable coding cannot be realized using 
the conventional subband coding method will be described more 

25 specifically with reference to FIG. 3, That is, a band of original 
acoustic signal 11 is divided into two portions, and a first layer 
(low -frequency region) is coded based on a CELP scheme and a 
second layer (high-frequency region) is coded using a transform 
coding method. In the first layer, since CELP coding of high 

30 speech compression efficiency is executed, quantization error 
signal 13] of local decoded signal 12 (FIG.3B) is relatively large 
as shown in FIG.3C. On the other hand, in the second layer, since 
transform coding which is capable of coding various waveforms is 
executed, local decoded signal 122 is close to original sound 

35 signal 11 as shown in FIG.3B and quantization error signal 132 is 
small as shown in FIG.3C. However, even if the code of the first 
layer and the code of the second layer are decoded and wideband 



H08-263096 4 

decoded signals are obtained, low- frequency portion 14 t of the 
quantization error of the decoded signal is not different from 
quantization error 13 \ of the first layer as shown in FIG. 3D. That 
is, the decoding quality up to the second layer depends on the 
5 coding performance of the CELP coding method in a low-frequency 
band. Therefore, in order for the subband coding method to 
perform layered coding and realize high coding quality, it is 
necessary to perform coding on all layers using a high quality 
coding method at a small compression rate or with a large amount 

10 of calculation. 

[0010] It is therefore an object of the present invention to 
provide a scalable coding method and a decoding method thereof 
capable of performing coding in a lower layer at a high 
compression rate and with low decoding quality and obtaining a 

15 high quality decoded signal up to a higher layer unaffected by low 
decoding quality of the lower layer. 
[0011] 

[Means for Solving the Problem] 

The invention according to claim 1 is a coding method of 

20 performing coding by dividing an acoustic input signal such as 
musical sound and speech having a highest frequency of f„ into n 

segments of frequency f 3 , f 2 , , f n -i (fi <fz , <fn-i <fn) (n is 

an integer of 2 or greater), including the steps of selecting a first 
band signal having a frequency of fj or less from the input signal, 

25 coding the first band signal and outputting a first code using a 
first coding method, obtaining an (i-l)th decoded signal having a 
frequency of fj_] or less from each of (i-l)th or lower numbered 
codes (i = 2, 3, 5 n), selecting an ith band signal having a 

frequency f; or less from the above described input signal, 

30 subtracting the (i-l)th decoded signal from the ith band signal and 
obtaining an ith difference signal, and coding the ith difference 
signal using an ith coding method and outputting an ith code. 
[0012] The ( i - 1 ) t h decoded signal is obtained, for example, by 
adding up a signal obtained by decoding the (i-l)th code and the 

35 ( i - 2 ) t h decoded signal and converting the addition signal to a 
signal having a sampling frequency of 2fj. The coding method of 
the invention according to claim 3 is a coding method of 
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performing coding by dividing an acoustic input signal such as 
musical sound and speech having a highest frequency of f n into n 

segments of frequency f is f 2 , ,f n -i (fi <$2 <, ,<f tt -i <fn) (n is 

an integer of 2 or greater), including the steps of obtaining a first 
5 band acoustic signal having a sampling frequency of 2fj from the 
above described acoustic input signal, coding the first band signal 
using a first coding method and outputting a first code, obtaining a 
coding error of the first code as an (i-l)th error signal (i == 2 > 3, 5 
n ) , converting the (i-l)th error signal to an (i-l)th converted error 

10 signal having a sampling frequency of 2f\ 9 obtaining an ith band 
signal having a frequency band of fj.i to f;> and a sampling 
frequency of 2f t from the above described acoustic input signal, 
adding up the above described (i-l)th converted error signal and 
the above described ith band signal and obtaining an ith addition 

15 signal, coding the ith addition signal using an ith coding method 
and outputting an ith code, 

[0013] The invention according to claim 4 is one of the 
inventions according to claims 1 to 3 f wherein the above described 
first coding method is a code excited linear predictive coding 

20 method and the above described nth coding method is a transform 
coding method. . The invention according to claim 5 is one of the 
inventions according to claims 1 to 4 , wherein psychological 
perceptual weighted quantization is performed in a coding step of 
the above described ith code using a spectrum envelope of 

25 components of frequency fj or less in substantially the whole band 
of the above described, acoustic input signal. 
. [0014] The decoding method of the invention according to claim 
6 separates an input code into first to nth codes (n is an integer of 
2 or greater), decodes the above described first code, outputs a 

30 first decoded signal having a sampling frequency of 2fi, converts 
the above described (i-l)th decoded signal (i = 2 9 3 , •■■ ? n) to an 
(i-l)th converted decoded signal having a sampling frequency of 
2 f j , decodes the above described ith code, obtains an ith decoded 
signal having a sampling frequency of 2 f i , adds up the ith decoded 

35 signal and the above described (i-l)th converted decoded signal 
and outputs an ith addition signal. 
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[00 15] 

[Embodiment] 

F I G , 4 A shows an example of a coder to which an 
embodiment of the coding method of the invention according to 
5 claim 1 is applied. This example describes a case where an 
original sound signal is divided into two frequency bands and 
coded, that is, two-layered coding is performed. Original sound 
input signal 11 from input terminal 21 is a digital signal having a 
sampling frequency of 24 kHz, that is, having highest frequency f 2 

10 of 12 kHz and this input signal is converted to a signal having a 
sampling frequency of 16 kHz by sample rate converter 2 2 1 as a 
first band selection section and first band signal 23 is thereby 
extracted. This sample rate conversion is so-called down 
sampling and executed, for example, after removing samples at 

15 intervals corresponding to a conversion sampling frequency ratio 
by causing the signal to pass through a digital low pass filter. 
First band signal 23 having frequency fi of 8 kHz or less is 
extracted from sample rate converter 2 2] and first band signal 23 
is coded by first coder 24 i according to a first coding method. In 

20 this example, first coder 24] performs coding using a CELP (code 
excited linear prediction coding) coding method. First code Ci 
which is this coding result is outputted, 

[00 16] In the present embodiment, local decoder 25] performs 
decoding to obtain first decoded signal 12 1 having a frequency of 

25 fi or less and first sample rate converter 26j converts decoded 
signal 1 2 1 to converted decoded signal 27 having a sampling 
frequency of 24 kHz. Sample rate converter 2 6 i is intended to 
perform so-called up sampling, and, for example, may add 0 
samples according to a conversion frequency ratio and then cause 

30 the signal to pass through a digital low pass filter. Difference 
circuit 28 subtracts converted decoded signal 27 from input signal 
11 and second coder 24 2 codes difference signal 2 9 using a second 
coding method. In the present embodiment, second coder 24 2 
performs coding through transform coding such as modified 

35 discrete cosine transform. Second code C 2 of this coding result 
is outputted. First code Ci and second code C 2 are multiplexed on 
a time-division basis for each coding frame by multiplexing circuit 
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31 as shown, for example, in FIG. 4b and outputted as coded code C, 
Only first code Ci may be outputted at the request of the user. 
[0017] A frequency spectrum, of original sound input signal 11 
having a sampling frequency of 24 kHz is shown, for example, in 
5 FIG, 5 A, signals of 8 kHz or less of this signal 11 are inputted to 
first coder 24] of the lower layer as signal 23 (FIG.5B) having a 
sampling frequency of 16 kHz and coded with high compression 
efficiency. In decoded signal 12] decoded from coded code C\ by 
local decoder 2 5 i, quantization error 1 3 i occurs to no small extent 

10 as shown in FIG.5C with respect to lower layer input signal 23 as 
shown in FIG.5B, From difference circuit 28, signal 29 made up 
of error signal 1 3 i and high-frequency signal 33 of 8 kHz or higher 
of original sound input signal 11 is inputted to second coder 24 2 of 
the higher layer and coded using a transform coding method 

15 capable of coding input signals of all nature with high quality, 

[0018] Thus, according to the present embodiment, coded code 
C] in the lower layer does not code the original sound so faithfully, 
but coded code C] in the higher layer codes the original sound 
including a quantization error of the lower layer, and therefore 

20 when decoding is performed up to the higher layer, the lower layer 
can also be decoded and reproduced with high fidelity as will be 
made clear later. That is, coding in the lower layer can be 
performed with high compression efficiency and a high quality 
decoded signal can be obtained when the higher layer is also 

25 decoded. 

[0019] Since the embodiment in particular uses a CELP scheme 
for coding of the lower layer, when the coding target is speech, 
even if only first code C? in the lower layer is decoded, relatively 
high quality is obtained, the amount of calculation is small and 

30 real-time processing is performed easily. When first and second 
codes C i and C2 are decoded and even if the coding target is 
musical sound, a decoded signal of high quality is obtained over a 
wideband through decoding of the transform code in the higher 
layer and compensation of coding errors of the CELP code in the 

35 lower layer. 

[0020] When coding is performed, it is often the case that coding 
is performed by assigning psychological perceptual weights in 
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consideration of human psychological perception, for example, 
masking characteristics with a large level spectrum, and efficient 
coding with perceptually suppressed quantization errors is thereby 
performed. For example, in the CELP coding method of coder 2 4 j , 
5 as shown in FIG. 6, a vector of a cycle (pitch) specified by control 
section 35 is extracted from adaptive codebook 36, furthermore a 
noise vector is extracted from specified noise codebook 37, these 
vectors are assigned gains respectively, synthesized and inputted 
to linear predictive synthesis filter 38 as excitation vectors. On 

10 the other hand, the input signal from sample rate converter 2 2 1 in 
FIG. 4 A is subjected to a linear predictive analysis by linear 
predictive analysis section 39 in a coding frame cycle, the linear 
prediction coefficient thereof is quantized by quantization section 
41 and a filter coefficient of synthesis filter 38 is set according to 

15 the quantization linear prediction coefficient. Furthermore, 
perceptual weighted coefficient calculation section 43 calculates a 
filter coefficient for psychological perceptual weighting based on 
the spectrum envelope calculated from the linear prediction 
coefficient and sets the filter coefficient in perceptual weighted 

20 filter 42. A synthesized signal from synthesis filter 38 is 
subtracted from the input signal from sample rate converter 22 l5 
the difference signal thereof is passed to perceptual weighted 
filter 42, and control section 35 performs selections on adaptive 
codebook 36 and noise codebook 37 so that the output energy 

25 thereof becomes a minimum. 

[0021] According to the transform coding me thod of transform 
coder 2 4 2 , for example, the output of difference circuit 28 is 
subjected to orthogonal cosine transform by discrete cosine 
transformer 45 as shown in FIG. 7, transformed to a coefficient in 

30 the frequency domain, the spectrum envelope component thereof is 
subjected to a linear predictive analysis at linear predictive 
analysis section 4.6, a spectrum- envelope is thereby obtained, the 
■ output coefficient of transformer 45 is divided by the spectrum 
envelope and normalized, the averaged coefficient is assigned a 

35 perceptual weight by perceptual weighting section 47, and further 
subjected to, for example, vector quantization by quantization 
section 48, To obtain a perceptual weighted coefficient, in the 
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present embodiment, original sound input signal 11 from input 
terminal 21 is subjected to orthogonal cosine transform by discrete 
cosine transformer 49, transformed into the frequency domain, a 
perceptual weighted coefficient is calculated by coefficient 
5 calculation section 5 1 based on the spectrum envelope of the 
transform coefficient, given to perceptual weighting section 47 
and the corresponding component of the normalization coefficient 
is multiplied by the perceptual weighted coefficient. 
[0022] That i s ? second coder 24 2 of the higher layer codes signal 

10 29 of the spectrum, shown in FIG.5C, but instead of performing 
perceptual weighting based on the spectrum envelope of this signal 
29, second coder 24 2 calculates a spectrum envelope of original 
sound input signal 11 (FIO,5D) ? and performs perceptual weighted 
coding based on this. Next, the present embodiment of the 

15 decoding method of the present invention will be described with 
reference to FIG. 8. The present embodiment is a case where the 
present invention is applied to decoding on the coded code using 
the coding method shown in FIG. 4. An input code inputted from 
input terminal 55 is demultiplexed into first code Ci and second 

20 code C 2 by demultiplexing circuit 56, first code C i is decoded into 
first decoded signal 5 8 1 of highest signal frequency fj (sampling 
frequency 16 kHz) by first decoder 5 7 1 using a CELP decoding 
method in this example and outputted as lower layer 
(low-frequency) decoded output 6 3 i . 

25 [0023] This first decoded output 5 8 i is converted to converted, 
decoded signal 6 1 i of highest signal frequency f 2 (sampling 
frequency is 24 kHz) by sample rate converter 59. On the other 
hand, second code C 2 from demultiplexing circuit 56 is subjected 
to transform code decoding in this example by second decoder 5 7 2 ? 

30 second decoded signal 5 8 2 of highest signal frequency f 2 . (sampling 
frequency is 24 kHz) is obtained, and this second decoded signal 
58 2 is added to first converted decoded signal 61 i by adder 62 2 and 
outputted as higher layer (whole band) decoded output 63 2 . 
[0024] That is, decoded, signal 12| in FIG.5B is obtained as lower 

35 layer decoded output 6 3 i in an ideal case. On the other hand, 
decoded signal 58 2 of second decoder 57 2 is decoded signal 60 i of 
quantization error signal 13 j of the lower layer (low-frequency) 
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and decoded signal 6 4 2 of high-frequency signal 33 as shown in 
FIG.5E in an ideal case. Therefore, decoded signal 6 0 1 
corresponding to quantization error 1 3 i for low-frequency decoded 
signal 58] is added to decoded output 63 2 from adder 6 2 2 and 
5 quantization errors are noticeably reduced and demonstrates a high 
degree of fidelity with respect to high-frequency decoded signal 
642, and therefore, decoded output 63 2 up to the higher layer 
obtained from adder 62 is significantly close to original sound 
input signal 11 and the quantization error signal thereof is 
10 significantly small over the whole band as shown, for example, in 
FIG.5F. 

[0025] Next, a case with n ^ 4 will be described as an example 
where the coding method of the present invention is applied to 
n-layer (n-band) divided coding with reference to FIG. 9. In FIG, 9, 

15 parts corresponding to those in FIG.4A are assigned the same 
reference, numerals. In this example, original sound input signal 
11 has a highest frequency of f n = f 4 and a sampling frequency o f 2 f 4 9 
first sample rate converter (first band selection section) 22]. 
converts original sound input signal 11 to input signal 2 3 1 having a 

20 sampling frequency of 2f\ (where fi <f 2 <f$ <f4), that is, first band 
signal 23 3 of frequency fi or less is selected, first band signal 23 1 
is coded by first coder 24 i, outputted as first code C 3. and first 
code C] is decoded into a signal of sampling frequency 2f] by first 
decoder 25 1 and decoded signal 12] is converted to a first 

25 converted decoded signal having a sampling frequency o f 2 f 2 by 
first sample rate converter 26 1. On the other hand, input signal 
11 is converted to a signal having a sampling frequency of 2 f 2 by 
sample rate converter 22 2 as the second band selection section, and 
second band signal 23 2 of frequency f 2 . or less is extracted, 

30 Second difference circuit 28 2 subtracts the first converted decoded 
signal from first sample rate converter 26i from second band 
signal 2 3 2 and second coder 24 2 codes second difference signal 29 2 
and outputs second code C 2 . 

[0026] Hereinafter, similar processing will be performed, and 
35 the processing of obtaining third code C3 in a case with i = 3 (1 = 2, 3, 

, n, up to 4 in this example) will be described as an example. 

( i - 1 ) t h (^second) code Cj_i ( — C 2 ) is decoded by ( i - 1 ) t h (^second) 
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decoder 25 2 ? an ( i - 1 ) t h ( = second) decoded signal of sampling 
frequency 2fj.\ ( = 2f 2 ) is obtained, adder 6 0 i _ i ( = 602) calculates the 
sum of the (i-l)th (^second) decoded signal and (i-2)th ( = first) 
converted decoded signal from (i-2)th (-first) sample rate 
5 converter 2 6 i _ 2 ( = 26}), the sum signal is converted to an (i-l)th 
( — second) converted decoded signal of sampling frequency 2 f \ 
( = 2 f 3 ) and frequency f \ m \ ( = f 2 ) or less by ( i - 1 ) t h (^second) sample 
rate converter 2 6 j _ ] ( = 262)* On the other hand, sample rate 
converter 2 2 j ( ^ 2 2 3 ) as an ith ( = third) band selection section 

10 extracts ith ( = t h i r d ) band signal 23i ( = 2 3 3 ) having a frequency of f \ 
( ~ f 3 ) and a sampling frequency of 2fj (= : 2f 3 ) from input signal 11, 
ith (=third) difference circuit 2 8 i (28 3 ) subtracts the converted 
decoded signal from (i-l)th (-second)sample rate converter 2 6 j _ ] 
( = 262) from ith ("third) band signal 2 3 i (-2 3^) and ith ( = third) 

15 coder 2 4 j ( = 2 4 3 ) codes ith ( = t h i r d ) subtracted signal 2 9 3 and 
outputs ith ( = third) code C j ( - C 3 ) . (i-l)th ( = second) decoder 
2 5 i . 3 ( = 2 5 2 ) 5 adder 6 0 j „ 1 ( = 602) and (i-l)th (^second) sample rate 
converter 2 6 j . 1 ( = 262) constitute (i-l)th (^second) decoding 
section 4 0i„\ ( = 402)- However, first decoding section 40 1 has no 

20 ( i - 2 ) t h layer, and adder 60 0 is omitted. Furthermore, since the 
highest layer, ith ( = fourth) band signal 234 in this example is a 
signal having frequency f 4 or less, sample rate converter 2 2 4 as the 
ith band selection section is omitted/ 

[002 7] By this means, the present invention is applicable to a 
25 case where coding is performed by dividing an input signal band 
into n segments. First to nth ( = fourth) codes Ci to C n (=C 4 ) are 
multiplexed by multiplexing circuit 31 for each frame and 
outputted as coded code C, In this case, multiplexing circuit 31 
is enabled to select and output a first code or one of first to ith 
30 codes. When used in such a way that the greater i of coder 24], 
the smaller the compression rate becomes, first to nth (^fourth) 
coders 24 i to 24 n (^24 4 ) perform wideband and high quality coding. 
In so far as this is satisfied, all the coding method may be realized 
by, for example, transform coding. 
35 [0028] When first to fourth coders 24 1 to 24 4 perform perceptual 
weighted coding, a signal having each frequency of f j , f 2 , f 3 or less 
from sample rate converters 22], 22 2? and 22 3 is supplied to 
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perceptual weighted coefficient calculation section 72^, 72 2 , or 72 3 
respectively, perceptual weighted coefficients based on a spectrum 
envelope are calculated respectively, and an input signal is 
inputted to perceptual weighted coefficient calculation section 72 4 , 
5 and perceptual weighted coefficients are likewise calculated, and 
the perceptual weighted coefficients calculated in perceptual 
weighted coefficient calculation sections 12\ to 72 4 are supplied 
to first to fourth coders 24 x to 24 4 and perceptual weighted coding 
is performed as described above. 

10 [0029] FIG. 10 shows a case with n = 4 as an example of 
application of the coding method of the present invention to 
n - layer divided coding. Also in this example, when original 
sound input signal 11 has a highest frequency of f n - f 4 and a 
sampling frequency of 2f 4 , first sample rate converter (first band 

15 selection section) 22] converts original sound input signal 11 to 
input signal 23 1 having a sampling frequency of 2f] (where fi <f 2 
<f 3 <f 4 ) ? that is, first band signal 2 3 1 of frequency fi or less is 
selected, first band signal 2 3 1 is coded by first coder 24i, 
outputted as first code C i and first code C] is decoded into a signal 

20 of sampling frequency 2fi by first decoder 25 \ v and the difference 
between decoded signal 12i and first band signal 2 3] is calculated 
by first difference circuit 6 5 i and difference signal (first error 
signal) 13} is converted to a first conversion error signal having a 
sampling frequency of 2f 2 by first sam ple rate converter 2 6 1 . 

25 [0030] On the other hand, second band selection section 6 6 2 
extracts second band signal 23 2 having a frequency band of f] to f 2 , 
and a sampling frequency of 2f 2 from input signal 11. For 
example, input signal 11 is converted to a signal having sampling 
frequency 2f 2 by sample rate converter 22 2 , the signal is passed 

30 through high pass filter 67 2 having cutoff frequency fi and second 
band signal 23 2 is obtained. This second band signal 23 2 is added, 
to the first conversion error signal from first sample rate 
converter 26] by second adder 68 2? and second addition signal 29 2 
is coded by second coder 24 2 , and second code C 2 is outputted. 

35 [0031] Hereinafter, similar processing will be performed, and 
the processing of obtaining third code C3 will be described taking 
a case with i = 3 (i= : 2 ? 3, * - , n, up to 4 in this example) as an 
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example. (i-l)th ( = second) code C i . i ( ~ C 2 ) is decoded by (i-l)th 
( = second) decoder 25 2f an ( i - 1 ) t h ( = second) decoded signal having 
sampling frequency 2 f j . 1 ( ~ 2 f 2 ) is obtained, difference circuit 6 5 i _ 1 
(^65 2 ) calculates the difference between the (i-l)th (=second) 
5 decoded signal and (i-l)th (^second) addition signal 2 9 i „ ] (^29 2) 
from (i-l)th ( = second) adder 6 8 i _ 1 ( = 682) and (i-l)th (^second) 
error signal 13 2 is converted to (i-l)th (^second) conversion error 
signal having sampling frequency 2 f i ( = 2 f 3 ) by ( i - 1 ) t h 
( = second)sample rate converter 2 6 j _ 1 ( = 2 6 2 ) < On the other hand, 

10 ith ( = third) band selection section 6 6 i (^663) extracts ith (=third) 
band signal 2 3 i (~23 3 ) having a band of fj.i to fj ( = f 2 to f 3 ) and a 
sampling frequency of 2fj (^f 3 ) from input signal 11, ith ( = third) 
band signal 2 3; ( = 23 3 ) is added to the (i-l)th ( = second) conversion 
error signal by ith (^third) adder 68j ( = 683), ith ( = third) addition 

15 signal 29 3 is coded by ith (-third) coder 24; (==24 3 ) and ith ( = third) 
code C j ( = C 3 ) is outputted. 

[0032] By this means, the present invention is applicable to a 
case where coding is performed by dividing an input signal band 
into n segments. nth ("fourth) band selection section 6 6 n ( = 664) 

20 that selects the highest layer, that is, a band of frequency f n ,i to f n 
( = f 3 to f 4 ) may be simply high pass filter 67„ ( = 67 4) having a cutoff 
frequency of ( = fs). First to nth (-fourth) codes Ci to C n ( = C 4 ) 
are multiplexed by multiplexing circuit 31 for each frame and 
outputted as coded code C. In this case, multiplexing circuit 31 

25 is enabled to select and output the first code or one of first to ith 
codes. 

[0033] When used in such a way that the greater i of coder 2 4 j 5 
the smaller the compression rate becomes, first to nth (-fourth) 
coders 2 4j to 24 n (=^24 4 ) perform wideband and high quality coding.. 

30 In so far as this is satisfied, all the coding method may be realized 
by, for example, transform coding. When first to fourth coders 
. 2 4 \ to 24 4 perform perceptual weighted coding, sample rate 
converters 7 1 1 5 7 1 2 a n d 7 1 3 convert the input signals to signals 
having a sampling frequency of 2fj s 2f 2 and 2f3 5 signals having a 

35 frequency of f 1 , f 2 , f3 or less are thereby extracted from input 
signal 11, supplied to perceptual weighted coefficient calculation 
sections 72], 72 2 and 72 3 respectively, perceptual weighted 
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coefficients based on their respective spectrum envelopes are 
calculated, and an input signal is inputted to perceptual weighted 
coefficient calculation section 72 4; and perceptual weighted 
coefficients are likewise calculated, perceptual weighted 
5 coefficients calculated by perceptual weighted coefficient 
calculation sections 72i to 72 4 are supplied to first to fourth 
coders 2 4 1 to 24 4 and perceptual weighted coding is performed as 
described above. 

[0034] FIG. 11 shows a case with n^4 ? that is, a case where input 

10 codes of first to fourth codes d to C 4 are inputted as an example of 
a decoder to which a general method of the decoding method 
according to the present invention is applied with parts 
corresponding to those in FIG. 8 assigned the same reference 
numerals. Input code C is demultiplexed by code demultiplexing 

15 section 56 into first to fourth codes C i to C 4 and supplied to first 
to fourth decoders 5 7j to 5 7 4 , respectively. First decoded signal 
5 8 i of first decoder 57]. is outputted as first decoded output 63] and 
converted to a signal having a sampling frequency of 2f2 and first 
converted decoded signal 6 1 i respectively by sample rate 

20 converter 59], and first converted decoded signal 6 1 i is added to 
second decoded signal 582 from second decoder 57 2 by second 
adder. 6 2 2 ? outputted as second decoded output 632 and converted to 
a converted decoded signal having a sampling frequency of 2 fa by 
second sample rate converter 5 9 2 . Generally, (i-l)th (-third) 

25 decoded output 6 3 1 _ i (=63 2 ) from (i-l)th (i=2, 3, •■■ , n ? for 
example, i - 3 ) adder 6 2 i . i ( ^ 6 2 2 ) is converted to (i-l)th ( = second) 
converted decoded signal 61j_i (-6I2) having a sampling frequency 
of 2 f i ( = 2f 3 ) by (i-l)th (second) sample rate converter 5 9 3 -i ( = 592), 
( i - 1 ) t h (-second) converted decoded signal 6 1 \ m i ( = 612) and ith 

30 ( — third) decoded signal 58; (-583) from ith ( = third) decoder 57j 
(=5 7 3 ) are added up by ith (-third) adder 62, ( = 62 3 ) and ith 
( = third) decoded output 6 3 i ( = 633) is thereby obtained and 
outputted. 
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